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1
ACOUSTIC SIGNAL CORRECTOR AND
ACOUSTIC SIGNAL CORRECTING METHOD

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application is a continuation application and is based
upon and claims the benefit of priority from U.S. application
Ser. No. 12/949,437, filed Nov. 18, 2010 and is based upon
and claims the benefit of priority from Japanese Patent Appli-
cation No. 2010-037888, filed on Feb. 23, 2010, the entire
contents of which are incorporated herein by reference.

FIELD

Embodiments described herein relate generally to an
acoustic signal corrector and an acoustic signal correcting
method.

BACKGROUND

When a user listens to music with earphones or head-
phones, the sound resonates in ear canals of the user by
sealing the ear canals with the earphones or the headphones.
The resonance phenomenon causes the user to hear an
unnatural sound or the like. To avoid such unnatural sound,
there has been proposed a technology aimed to suppress the
resonance phenomenon in the space formed by the ears and
the earphones or the headphones.

For example, Japanese Patent Application Publication
(KOKAI)No. 2009-194769 discloses a conventional technol-
ogy for cancelling a peak (resonance peak) of a resonant
frequency detected by earphones for measurement provided
with a microphone. According to the conventional technol-
ogy, a sound source signal is output from the earphones.
While the earphones are placed in the ear canals, the micro-
phone picks up sound to obtain the frequency characteristics
of the acoustic signals. The resonant frequency of the ear
canal is detected from the frequency characteristics to reduce
the resonant frequency. Further, Japanese Patent No. 2741817
discloses a conventional technology for alleviating discom-
fort of the user when the headphones are placed and the ear
canals are sealed. According to the conventional technology,
transfer functions that are different for each individual are
clustered to reduce a number of types of filter coefficients of
a filter for controlling auditory lateralization. This eases the
listener’s setup burden.

However, the above conventional technologies require
hardware for measuring the sound in the ear canals, thereby
increasing the cost for providing the hardware. Further, typi-
cally, it is difficult to find such hardware. Still further, the
above conventional technologies require a listening test for at
least sixteen times to determine an appropriate filter coeffi-
cient. Hence, the setup of the filter coefficient is still complex.
Further, because sometimes the difference between the dif-
ferent setups is very small, it is very difficult to recognize the
difference between the sound qualities under the different
setups.

BRIEF DESCRIPTION OF THE SEVERAL
VIEWS OF THE DRAWINGS

A general architecture that implements the various features
of the invention will now be described with reference to the
drawings. The drawings and the associated descriptions are
provided to illustrate embodiments of the invention and not to
limit the scope of the invention.
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2

FIG. 1 is an exemplary schematic diagram of an acoustic
processor according to an embodiment;

FIG. 2 is an exemplary block diagram of one configuration
of an acoustic reproducer in the embodiment;

FIG. 3 is an exemplary graph of a result of measurement of
resonance in an ear canal in the embodiment;

FIG. 4 is a graph of a first resonant frequency and a second
resonant frequency of left ears of multiple subjects in the
embodiment;

FIG. 5 is a graph of a first resonant frequency and a second
resonant frequency measured from right ears of multiple sub-
jects in the embodiment;

FIG. 6 is a graph of frequency characteristic of a test signal
in the embodiment;

FIG. 7 is a graph for explaining an operation of a frequency
band extractor in the embodiment;

FIG. 8 is a graph for explaining an operation of an adder in
the embodiment;

FIG. 9 is a graph for explaining a principle of a correction
filter used in a signal processor in the embodiment;

FIG. 10 is a graph for explaining an operation of the signal
processor in the embodiment;

FIG. 11 is a graph illustrating each correction filter of the
signal processor in the embodiment;

FIG. 12 is a diagram illustrating a user interface provided
by a selector in the embodiment;

FIG. 13 is a flowchart of filter change process in the
embodiment;

FIG. 14 is a graph for explaining the filter change process
in the embodiment;

FIG. 15 is an another graph for explaining the filter change
process in the embodiment;

FIG. 16 is a block diagram of another configuration of the
acoustic reproducer in the embodiment; and

FIG. 17 is a block diagram of still another configuration of
the acoustic reproducer in the embodiment.

DETAILED DESCRIPTION

In general, according to one embodiment, an acoustic sig-
nal corrector comprises: an output module; a selection
receiver, and a holder. The output module is configured to
output a plurality of acoustic signals. Amplitude values of
frequencies within a frequency band of each of the acoustic
signals are emphasized as emphasized amplitude values. A
plurality of amplitude values among the emphasized ampli-
tude values are corrected as corrected amplitude values at
some of frequencies within the frequency band. Resonance is
possibly induced in the frequency band by sealing an ear
canal. The selection receiver is configured to receive a selec-
tion of one of the acoustic signals output by the output mod-
ule. The holder is configured to hold, as a configuration for
sound quality correction, a configuration corresponding to
the correction of the one of the acoustic signals at the some of
the frequencies.

According to another embodiment, an acoustic signal cor-
recting method comprises: outputting, by an output module, a
plurality of acoustic signals, amplitude values of frequencies
within a frequency band of each of the acoustic signals being
emphasized as emphasized amplitude values, a plurality of
amplitude values among the emphasized amplitude values
being corrected at some of frequencies within the frequency
band, resonance being possibly induced in the frequency
band by sealing an ear canal; receiving, by a selection
receiver, a selection of one of the acoustic signals output by
the output module; and holding, by a holder, as a configura-
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tion for sound quality correction, a configuration correspond-
ing to the correction of the one of the acoustic signals at the
some of the frequencies.

In the following, embodiments of an acoustic signal cor-
rector and an acoustic signal correcting method are explained
in details with reference to the attached drawings. In the
following, an acoustic signal corrector and an acoustic signal
correcting method that are applied to an acoustic processor
such as a portable audio player are explained; however, the
application of the acoustic signal corrector and the acoustic
signal correcting method are not limited to the acoustic pro-
Cessor.

FIG. 1 is a perspective view illustrating an example of an
acoustic processor 100 according to an embodiment. As illus-
trated in the drawing, the acoustic processor 100 comprises an
acoustic reproducer 110 and an earphone 120.

The acoustic reproducer comprises a clamshell housing
formed of two parts connected to each other by a hinge not
illustrated. A display module 31 described later is provided to
aninner surface of one of the two parts, and an operation input
module described later is provided to an inner surface of other
one of the two parts. The earphone 120 is a canal type ear-
phone or the like, and used while being placed in a listener’s
ear. In the present embodiment, the canal type earphone is
explained as the earphone 120. However, the earphone 120
can be of other type, or can be a headphone.

FIG. 2 is a block diagram of a configuration of the acoustic
reproducer 110. As illustrated in FIG. 2, the acoustic repro-
ducer 110 comprises a test signal generator 10, a converter 20,
a selector 30, an acoustic signal generator 40, and a filter
processor 50. The test signal generator 10 comprises a fre-
quency band extractor 11, an adder 12, and a signal processor
13.

The frequency band extractor 11 is a high pass filter, a band
pass filter, or the like, and extracts components of a certain
frequency band with respect to a test acoustic signal (test
signal) output from the acoustic signal generator 40. In the
following, with reference to FIGS. 3 to 5, the frequency band
that is to be extracted by the frequency band extractor 11 is
explained.

As described above, when a listener L. places the earphone
120 in the ear to listen to the sound, resonance is induced
within a closed space formed inside an ear of the listener LL
including an ear canal and formed with the ear and the ear-
phone 120. FIG. 3 is a graph of an example of results of
measurements on the state of resonance induced within the
ear canal of a subject (listener 1) wearing the earphone 120.

The graph illustrated in FIG. 3 illustrates results of mea-
surements on resonance characteristics of a right ear of the
subject as an ear property of the right ear of the subject, and
results of measurements of resonance characteristics of a left
ear of the subject as an ear property of the left ear of the
subject. The horizontal axis of FIG. 3 represents frequency,
and the vertical axis represent amplitude (gain) of the fre-
quency. As understood from FIG. 3, resonance peaks are
measured as the amplitudes of frequencies for each of the left
ear and the right ear, and the resonance peaks represents the
resonances in the ears.

In particular, the frequency characteristics of the left ear
represented by the solid line in FIG. 3 comprises peaks (reso-
nance peaks) near frequency positions represented by f; ; and
f; ,, which are caused by the resonance phenomenon. Further,
the frequency characteristic of the right ear represented by the
dotted line in FIG. 3 comprises resonance peaks near fre-
quency positions represented by fy; and fz,, which are also
caused by the resonance phenomenon. In the embodiment,
lower ones (f;, fz,) of the resonant frequencies of the each
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4

ear corresponding to the amplitudes of the resonance peaks
are referred to as first resonant frequencies, and higher ones
(f;5, fx,) of the resonant frequencies are referred to as second
resonant frequencies.

A shape of a human ear differs for each individual, thereby
the ear property of the human ear differs for each individual.
Hence, the characteristic of the resonance induced when the
earphone is in place of the human ear differs for each indi-
vidual. Therefore, the results of the measurements of the
resonance characteristics of when the earphone is in place for
a number of people have been analyzed, and it is found that
the resonance peaks appear for frequencies within a fre-
quency band higher than 5 kHz.

FIGS. 4 and 5 are graphs illustrating a relationship between
the first resonant frequency and the second resonant fre-
quency of the ears (left ear, right ear) of a number of subjects
wearing the earphone 120. FIG. 4 is a graph illustrating a
relationship between the first resonant frequency and the
second resonant frequency induced in the left ear of each of
the subjects. The horizontal axis of FIG. 4 represents distri-
bution of the first resonant frequency, and the vertical axis of
FIG. 4 represents distribution of the second-order resonant
frequency. FIG. 5 is a graph illustrating a relationship
between the first resonant frequency and the second resonant
frequency induced in the right ear of each of the subjects. The
horizontal axis of FIG. 5 represents distribution of the first
resonant frequency, and the vertical axis represents distribu-
tion of the second resonant frequency.

Inview of the measurement result illustrated in FIGS. 4 and
5, the first resonant frequencies are distributed substantially
between 5 kHz and 9 kHz. Further, the second resonant fre-
quencies are distributed substantially between 10 kHz and 14
kHz. Hence, the frequency band extractor 11 extracts com-
ponents of frequencies within the frequency band within
which the resonance is possibly induced by sealing the ear
canal, i.e., of the frequency band (5 kHz to 14 kHz) compris-
ing the aforementioned first resonant frequencies and the
second resonant frequencies. In the following, the frequency
band in which the resonance is possibly induced by sealing
the ear canal is referred to as a resonant frequency band.

For example, when the test signal is represented by the
frequency property P in FIG. 6, the frequency band extractor
11 extracts components (amplitude values) of the frequencies
within the frequency band between f1 and f2 comprising the
first resonant frequency and the second resonant frequency, as
illustrated in FIG. 7. Here, FIG. 6 is a graph illustrating one
example of the frequency property of the test signal, and FIG.
7 is a graph for explaining operation of the frequency band
extractor 11. In these figures, the horizontal axis represents
frequency, and the vertical axis represents amplitude (gain) of
the frequency.

Referring back to FIG. 2, the adder 12 is an adder, an
amplifier, and/or the like, and adds the components of fre-
quencies within the certain band extracted by the frequency
band extractor 11 to the test signal. Then, the adder 12 outputs
it to the signal processor 13. For example, when the compo-
nents extracted by the frequency band extractor 11 are the
components of the frequencies within the band between f1
and f2 of FIG. 7, the adder 12 adds these components to the
frequency property P to generate the frequency property P1 as
illustrated by the solid line in FIG. 8. That is to say, the adder
12 cooperates with the frequency band extractor 11 to amplify
the amplitude values of frequencies within the resonant fre-
quency band included in the test signal. Here, FIG. 8 is a
graph for explaining the operation of the adder 12. The dotted
line of FIG. 8 represents the frequency property P before the
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addition. The amount of addition (amplification) with respect
to the frequency property P can be set to an arbitrary value.

It is generally known that resolution of the human ear is
relatively low for the sound within the resonant frequency
band comprising the first resonant frequency and the second
resonant frequency, as described later. Therefore, even when
uncomfortable sound due to the resonance phenomenon is
heard, it is difficult to determine a particular frequency band
that is causing the discomfort. Hence, the adder 12 cooperates
with the frequency band extractor 11 to amplify the amplitude
values of frequencies within the resonant frequency band to
demodulate the test signal so that the change in the sound
quality due to the resonance phenomenon can easily be deter-
mined.

In the embodiment, the amplitude values of the frequencies
within the resonant frequency band are amplified to empha-
size the components of the frequencies within the resonant
frequency band. However, the present embodiment is not
limited thereto, and instead of amplifying the amplitude val-
ues of the frequencies within the resonant frequency band,
components of the frequencies other than that of the frequen-
cies within the resonant frequency band can be reduced to
emphasize the components of the frequencies within the reso-
nant frequency band. In this case, for example, a test signal
input to the test signal generator 10 and to which multiplica-
tion is applied is input to the adder 12 as one of the input for
the adder 12, and components of the test signal of frequencies
other than that of the frequencies within the resonant fre-
quency band extracted by the frequency band extractor 11 are
attenuated. Consequently, the components of the frequencies
within the resonant frequency band can be emphasized. On
the other hand, the components of the frequencies of the test
signal other than the components of the frequencies within
the resonant frequency band of the test signal can be extracted
by using the frequency band extractor 11 realized by a low
pass filter, band pass filter, or the like. In this case, a subtractor
is used instead of the adder 12 to subtract the components of
the frequencies of the test signal other than the components of
the frequencies within the resonant frequency band of the test
signal and extracted by the frequency band extractor 11.
Consequently, the components of the frequencies within the
resonant frequency band can be emphasized. Further, instead
of'the adder 12 and the frequency band extractor 11, the same
function can be realized by a filter having a frequency prop-
erty for emphasizing the resonant frequency band.

Referring back to FIG. 2, the signal processor 13 performs
signal processing on the test signal input from the adder 12 to
change the frequency property of the test signal, and output
the test signal to the converter 20. In particular, the signal
processor 13 corrects a portion of the frequency property to
which the addition is performed by the adder 12, by using one
of correction filters with a frequency property selected by the
listener L through the selector 30. Here, each of the correction
filters has different frequency property. Further, it is assumed
that a circuit for the signal processing according to each
frequency property is preliminarily embedded in the signal
processor 13.

FIG. 9 is a graph for explaining a principle of the correction
filter used in the signal processor 13. In FIG. 9, the solid line
represents an ear property E of the listener . wearing the
earphone 120. The dotted line represents a frequency prop-
erty of the correction filter. Correction filters F11 to F13 are
for suppressing (reducing) the resonance peak at the first
resonant frequency, and correction filters F21 to F23 are for
suppressing the resonance peak at the second resonant fre-
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quency. In FIG. 9, the horizontal axis represents frequency
and the vertical axis represents amplitude (gain) of the fre-
quency.

As illustrated in FIG. 9, the correction filter used by the
signal processor 13 is a frequency filter for suppressing the
resonance peaks at the first resonant frequency and the second
resonant frequency. The signal processor 13 comprises a plu-
rality of types of correction filters each having different major
frequency. The signal processor 13 uses one of the correction
filters that corresponds to a selection signal from the selector
30 to change the frequency property of the test signal output
from the adder 12.

For example, when the test signal with the frequency prop-
erty P1 illustrated in FIG. 8 is output from the adder 12, and
when the correction filters F11 and F21 are selected through
the selector 30, the signal processor 13 changes the frequency
property P1 by the correction filters F11 and F21, as illus-
trated in FIG. 10. Here, FIG. 10 is a graph for explaining
operation of the signal processor 13.

In general, it is known as a property of human ear that the
frequency resolution decreases as the frequency increases.
Therefore, when the filter coefficients of the correction filters
are determined, the major frequencies of the correction filters
do not necessarily have to be precisely matched with each of
the resonant frequencies of the listener L.

In this regard, an experiment was performed to compare a
case when the central frequency of the correction filter and the
resonant frequency are precisely matched with each other and
a case when the central frequency of the correction filter is
arranged at a frequency position off from the resonant fre-
quency by substantially 500 Hz in positive or negative direc-
tion. As a result, it is confirmed that a difference in sound
quality between the two cases cannot be distinguished. Fur-
ther, since the frequency band of the second resonant fre-
quency belongs to higher range, the matching can be per-
formed with even less accuracy with respect to the matching
for the frequency band of the first resonant frequency.

Therefore, for example, five types of correction filters
based on the distribution of FIGS. 4 and 5 are enough to
suppress the resonance peak of the first resonant frequency to
obtain sufficient effect. Here, the five types of the correction
filters comprises: a first type with the lowest frequency of 5
kHz; a second type with a frequency of 6 kHz; and the rest of
subsequent types with frequencies each incremented by 1
kHz from that of the previous type. Further, in order to sup-
press the resonance peak due to the second resonant fre-
quency, a correction filter with even less accuracy can be used
to obtain sufficient effect.

The signal processor 13 may comprise a plurality of types
of'correction filters for at least one of the resonance peak (first
resonance peak) induced by the first resonant frequency and
the resonance peak (second resonance peak) induced by the
second resonant frequency. Further, the signal processor 13
may comprise a plurality of types of correction filters capable
of simultaneously suppressing the first resonance peak and
the second resonance peak. It can be understood from the
distributions of FIGS. 4 and 5 that the second-order resonant
frequency increases as the first resonant frequency increases.
Thus, there is a strong positive correlation between the first
resonant frequency and the second resonant frequency. In
view of this correlation, a number of combinations of filter
coefficients suppressing both of the first resonance peak and
the second resonance peak can be decreased.

For example, from FIG. 4, it can be understood that a
person who undergoes the second-order resonance phenom-
enon induced near 12 kHz also undergoes the first resonant
phenomenon at 7 kHz. In this case, there are almost none of
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the second-order resonant phenomenon less than or equal to
10kHz and more than 14 kHz. Hence, in order to suppress the
second resonance phenomenon, three types of correction fil-
ters with major frequencies between 11 kHz and 13 kHz may
beused. Further, in view of the low frequency resolution at the
higher frequency band, a correction filter with a major fre-
quency of 12 kHz can be used, for example, for the second-
order resonant frequency.

As mentioned above, when the correction filter configured
to simultaneously suppress the first resonance peak and the
second resonance peak is used, a number of types of the
correction filters can be decreased. In the present embodi-
ment, as illustrated in FIG. 11, the signal processor 13 com-
prises: a correction filter F1 configured to suppress resonance
peaks at 5 kHz band and 10 kHz band; a correction filter F2
configured to suppress resonance peaks at 6 kHzband and 11
kHz band; a correction filter F3 configured to suppress reso-
nance peaks at 7 kHz band and 12 kHz band; and a correction
filter F4 configured to suppress resonance peaks at 8 kHz
band and 13 kHz band. Each of the correction filters can be
generated by a known method, and amplitude and band width
forming an inverted peak for the each of the correction filters
can be set to arbitrary values.

Referring back to FIG. 2, the converter 20 converts the test
signal output from the test signal generator 10 (signal proces-
sor 13) or the acoustic signal output from the filter processor
50 to an electric signal, and output it to the earphone 120.
Then, at the earphone 120, the electric signal input from the
converter 20 is converted to the sound audible for the listener
L. Consequently, the listener L can listen to the sound gener-
ated by the earphone 120 by placing the earphone 120 in the
ears. Further, the listener L can change sound quality to any
desired one by selecting a correction filter used for the cor-
rection of the sound signal through a later-described user
interface (UI) provided by the selector 30 based on sound (test
sound) generated by the electric signal converted from the test
signal.

The selector 30 is configured of a microprocessor, a read
only memory (ROM), a random access memory (RAM), and
the like, and comprises the display module 31 and an opera-
tion input module 32. The display module 31 is configured of
a display device such as a liquid crystal display (LCD) or an
organic electroluminescence, and displays information on the
acoustic signal generated by the acoustic signal generator 40
and/or a predetermined Ul, under the control of the selector
30. The operation input module 32 is configured of an input
device such as various types of buttons and/or a touch panel,
and receives input operation of the listener L.

Further, when the selector 30 receives the input operation
for starting to change the configuration of the sound quality
correction through the operation input module 32, the selector
30 displays the UI on the display module 31 to prompt the
listener L to select the correction filter used for the correction
of'the sound signal. Then, the selector 30 outputs the selection
result of the correction filter received through the operation
input module 32 to the test signal generator 10 (signal pro-
cessor 13) and the filter processor 50 as a selection signal.

FIG. 12 is a diagram illustrating one example of the Ul
provided by the selector 30. In FIG. 12, selection buttons B1
and B2 (selection items) are for receiving a selection of a
correction filter. When the selection button B1 or the selection
button B2 is pressed, the selector 30 outputs a selection signal
which is an instruction for selecting a correction filter with a
property associated with the pressed button, to the signal
processor 13 and the filter processor 50. An enter button B3 is
for providing an instruction to determine the selection of the
correction filter. Here, the selector 30 preliminarily holds
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information (for example, a filter name, a filter coefficient,
and the like of each of the correction filters) specifying each
of the correction filters F1 to F4.

The selection buttons B1 and B2 and the enter button B3
are operated by using various buttons of the operation input
module 32, a touch panel, or the like. A pointer, cursor, or the
like displayed by the display module 31 may be operated by
various buttons or a touch pad of the operation input module
32 to press the selection buttons B1 and B2 and the enter
button B3. When the display module 31 also comprises a
function as the touch panel, the selection buttons B1 and B2
and the enter button B3 can directly be pressed.

In particular, the selector 30 divides a group of correction
filters by a number of selection buttons displayed on the Ul to
generate a plurality of groups (first-order filter groups). Then,
the selector 30 selects one correction filter from each of the
first-order filter groups as a representative of the each of the
first-order filter groups, and assigns information for specify-
ing the first-representative filter to each of the selection but-
tons.

Inorderto easily determine the change in the sound quality,
the correction filters selected as the first-order representative
filters from the first-order filter groups, respectively, are pre-
ferred not to be adjacent to each other with respect to a central
frequency of a group of a successive correction filters. Fur-
ther, when at least one of the first-order filter groups com-
prises greater than or equal to three correction filters, it is
preferred to select, as the first-order representative filter, one
of the correction filters with a central frequency having an
intermediate value within the first-order filter group. The
same above explanation can be applied for a selection of a
second and subsequent order representative filter.

Upon receipt of the press down operation of the operation
button to which the first-order representative filter is assigned,
the selector 30 outputs the selection signal corresponding to
the instruction to specify the first-order representative filter
assigned to the selection button, to the signal processor 13 and
the filter processor 50. Further, the selector 30 determines
whether the first-order filter group to which the first-order
representative filter belongs comprises a plurality of correc-
tion filters. Then, when the first-order filter group comprises
a plurality of correction filters, the selector 30 generates a
plurality of groups (second-order filter group) by dividing the
group of the correction filters by a number of selection but-
tons displayed on the Ul. Subsequently, the selector 30
selects, as a representative, one correction filter from each of
the second-order filter groups, and assigns information speci-
fying the second-order representative filter to each of the
selection buttons.

Upon receipt of the press down operation of the selection
button to which the second-order representative filter is
assigned, the selector 30 outputs the selection signal specify-
ing the second-order representative filter assigned to the
selection button, to the signal processor 13 and the filter
processor 50. Further, as similar to the case described above,
when the second-order filter group to which the second-order
representative filter belongs comprises a plurality of correc-
tion filters, the selector 30 divides the second-order filter
groups. Further, the selector 30 assigns representative filters
(third-order representative filters) selected from each of
groups (third-order filter groups) to each of the selection
buttons, respectively. Further, when the correction filters can
further be divided up to the groups, the selector 30 repetitively
performs the aforementioned division and the selection of the
representative filters for the fourth-order filter groups and any
subsequent groups.
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When assigning the representative filter to the selection
button, identification information (for example, a name of
correction filter, a central frequency of a correction filter, a
filter coefficient, and the like) capable of identifying an
assigned representative filter may be displayed to an image
(icon and the like) representing the selection button.

For example, in the present embodiment, there are four
correction filters (the correction filters F1 to F4) and two
selection buttons. Therefore, the selector 30 divides the cor-
rection filters into a first group comprising the correction
filters F1 and F2 and a second group comprising the correc-
tion filters F3 and F4, as the first filter group. Subsequently,
the selector 30 selects, as the first-order representative filter,
the correction filter F1 from the first-order filter group of the
correction filters F1 and F2 and the correction filter F4 from
the first-order filter group of the correction filters F3 and F4.
Next, the selector 30 assigns information specifying the cor-
rection filter F1 to the selection button B1, and assigns infor-
mation specifying the correction filter F4 to the selection
button B2.

Here, for example, when the selection button B1 is pressed
through the operation input module 32, the selector 30 out-
puts the selection signal for selecting the correction filter F1
assigned to the selection button B1 to the signal processor 13
and the filter processor 50. Consequently, the signal processor
13 outputs the test signal to which signal processing by the
correction filter F1 is performed. As a result, the listener L.
who is wearing the earphone 120 can listen to the sound of the
test signal.

Upon receipt of the press down operation of the enter
button B3 after the correction filter F1 is selected, the selector
30 divides the first-order filter group (comprising the correc-
tion filters F1 and F2) to which the correction filter F1 belongs
by two, which is a number of the selection buttons. As a result,
a first group comprising the correction filter F1 and a second
group comprising the correction filter F2 are generated as the
second filter groups.

Then, when the selector 30 selects each of the correction
filters F1 and F2 as the second-order representative correction
filters, the selector 30 assigns information specifying the
correction filter F1 to the selection button B1 and assigns
information specifying the correction filter F2 to the selection
button B2.

Here, for example, when the selection button B2 is pressed
through the operation input module 32, the selector 30 out-
puts the selection signal for selecting the correction filter F2
assigned to the selection button B2 to the signal processor 13
and the filter processor 50. Consequently, the signal processor
13 outputs a test signal to which signal processing by the
correction filter F2 is performed. As a result, the listener L.
wearing the earphone 120 can listen to the sound of the test
signal. When the enter button B3 is pressed after the correc-
tion filter F2 is selected, the selector 30 deletes the UT dis-
played on the display module 31.

As described above, the selector 30 hierarchically divides
the plurality of the correction filters based on the number of
the selection buttons, and assigns one of the correction filters
selected from the correction filters of the same hierarchical
group to the selection item. As a result, the Ul is provided for
the listener L, and the listener L can select one correction filter
from a higher hierarchical group to a lower hierarchical
group. Consequently, the listener . can easily compare the
difference in the sound quality between the cases when dif-
ferent correction filters are applied, thereby becomes capable
of selecting a desired correction filter by intuitive operation.
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Further, a number of times required to listen to the test sound
can be reduced to make the final decision, thereby the listen-
er’s burden can be alleviated.

Referring back to FIG. 2, the acoustic signal generator 40
generates digital audio signal from acoustic data (music data,
audio data, and the like) stored in a memory not illustrated,
analog acoustic signals input from an external device, or the
like, and output it to the filter processor 50. Further, upon
receipt of an input of an operation to start changing the con-
figuration of the sound quality correction through the opera-
tion input module 32, the acoustic signal generator 40 starts
generating the test signal, and outputs it to the signal proces-
sor 13.

As the test signal, for example, white noise and an audio
signal such as music obtained from a memory or an external
input can be used. Further, when compressed data such as
audio encoded data, voice-encoded data, lossless encoded
data, or the like is to be used, the test signal can be the audio
wave signals or the like obtained by performing necessary
decoding on the compressed data.

The filter processor 50 comprises: a holder such as a stor-
age medium or the like holding a plurality of correction filters
(correction filters F1 to F4) with the properties the same as
that of the correction filters of the signal processor 13; and a
module configured to change the frequency property of the
acoustic signal by using one of the correction filters stored in
the holder. Further, upon receipt of the selection signal from
the selector 30, the filter processor 50 holds a correction filter
corresponding to the selection signal as a correction filter to
be used for the sound quality correction of the acoustic signal
input from the acoustic signal generator 40. Then, the filter
processor 50 changes the frequency property of the acoustic
signal by using the correction filter held for the sound quality
correction, and outputs it to the converter 20.

In the following, operation of the acoustic processor 100
for configuration change of the correction filter is explained
with reference to FIGS. 13 to 15.

FIG. 13 is a flowchart illustrating one example of filter
changing process executed by the selector 30. For the process,
it is assumed that an operation for start changing the configu-
ration of the sound quality correction is input through the
operation input module 32.

When the Ul illustrated in FIG. 12 is displayed on the
display module 31 (S11), the selector 30 assigns information
specifying the correction filter F1 to the selection button B1
comprised in the UL and also assigns information specifying
the correction filter F4 to the selection button B2 (S12).

When the selector 30 receives the press down operation of
the selection button B1 (F1 at S13), the selector 30 outputs the
selection signal for selecting the correction filter F1 assigned
to the selection button B1 to the signal processor 13 and the
filter processor 50 (S14). Next, the selector 30 determines
whether the enter button B3 is pressed. When it is not con-
firmed that the enter button B3 is pressed (No at S15), the
process goes back to S13.

When the selection button F1 is pressed at S13, the signal
processor 13 changes the frequency property of the test signal
by using the correction filter F1. As a result, a sound in which
the resonant phenomenon is suppressed by the correction
filter F1 is heard from the earphone 120. The listener L
presses the selection buttons B1 and B2, and determines
his/her preference on the sound quality based on the sound
generated by the earphone 120. When the preferred sound
quality is determined, the enter button B3 is pressed.

Upon receipt of the press down operation of the enter
button B3 (Yes at S15) after the selection of the correction
filter F1 is received at S13, the selector 30 assigns the infor-
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mation specifying the correction filter F1 to the selection
button B1, and the information specitying the correction filter
F2 to the selection button B2 (S16).

Here, upon receipt of the press down operation of the
selection button B1 (F1 at S17), the selector 30 outputs the
selection signal for selecting the correction filter F1 assigned
to the selection button B1 to the signal processor 13 and the
filter processor 50 (S18). Next, the selector 30 determines
whether the enter button B3 is pressed. When it is not con-
firmed that the enter button B3 is pressed (No at S20), the
process goes back to S17.

When the selection button B1 is pressed at S17, the selector
30 changes the frequency property of the test signal by using
the correction filter F1. Accordingly, a sound in which the
resonance phenomenon is suppressed by the correction filter
F1is generated from the earphone 120. The listener L presses
the selection buttons B1 and B2, and determines his/her pref-
erence on the sound quality based on the sound generated by
the earphone 120. When the preferred sound quality is deter-
mined, the enter button B3 is pressed.

Upon receipt of the enter button B3 (Yes at S20) after the
selection of the correction filter F1 at S17, the Ul displayed on
the display module 31 is deleted (S28). Then, the present
process finishes.

Upon receipt of the press down operation of the selection
button B2 at S17 (F2 at S17), the selector 30 outputs the
selection signal for selecting the correction filter F2 assigned
to the selection button B2 to the signal processor 13 and the
filter processor 50 (S19). Next, the selector 30 determines
whether the enter button B3 is pressed. As a result, when it is
not confirmed that the enter button B3 is not pressed down
(No at S20), the process goes back to S17.

When the selection button B2 is pressed at S17, the signal
processor 13 changes the frequency property of the test signal
by using the correction filter F2. As a result, a sound in which
the resonance phenomenon is suppressed by the correction
filter F2 is generated from the earphone 120. The listener L.
determines his/her preference on the sound quality based on
the sound generated by the earphone 120. When the preferred
sound quality is determined, the enter button B3 is pressed.

Upon receipt of the press down operation of the enter
button B3 (Yes at S20) after the receipt of the selection filter
F2 at S17, the selector 30 deletes the Ul displayed on the
display module 31 (S28), and finishes the process.

On the other hand, upon receipt of the press down operation
of the selection button B2 at S13 (F4 at S13), the selector 30
outputs the selection signal for selecting the correction filter
F4 assigned to the selection button B2 to the signal processor
13 and the filter processor 50 (S21). Next, the selector 30
determines whether the enter button B3 is pressed. As a result,
when it is not confirmed that the enter button B3 is pressed
(No at S22), the process goes back to S13.

When the selection button B2 is pressed at S13, the signal
processor 13 changes the frequency property of the test signal
by using the correction filter F4. Therefore, a sound in which
the resonance phenomenon is suppressed by the correction
filter F4 is generated from the earphone 120. The listener L.
determines his/her preference on the sound quality based on
the sound generated from the earphone 120. When the pre-
ferred sound quality is determined, the enter button B3 is
pressed.

Upon receipt of the press down operation of the enter
button B3 (Yes at S22) after the selection of the correction
filter F4 at S13, the selector 30 assigns the information for
selecting the correction filter F3 to the selection button B1,
and assigns the information for selecting the correction filter
F4 to the selection button B2 (S23).
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Upon receipt of the press down operation of the selection
button B1 (F3 at S24), the selector 30 outputs the selection
signal for selecting the correction filter F3 assigned to the
selection button B1 to the signal processor 13 and the filter
processor 50 (S25). Next, the selector 30 determines whether
the enter button B3 is pressed. As a result, when it is not
confirmed that the enter button B3 is pressed (No at S27), the
process goes back to S24.

When the selection button B1 is pressed at S24, the signal
processor 13 changes the frequency property of the test signal
by the correction filter F3. Accordingly, a sound in which the
resonance phenomenon is suppressed by the correction filter
F3 is generated from the earphone 120. The listener L presses
the selection buttons B1 and B2, and determines his/her pref-
erence on the sound quality based on the sound generated by
the earphone 120. When the preferred sound quality is deter-
mined, the enter button B3 is pressed.

Upon receipt of the press down operation of the enter
button B3 (Yes at S27) after the receipt of the selection of the
correction filter F3 at S24, the selector 30 deletes the Ul
displayed on the display module 31, and the process ends.

Further, upon receipt of the press down operation of the
selection button B2 at S24 (F4 at S24), the selector 30 outputs
the selection signal for selecting the correction filter F4
assigned to the selection button B2 to the signal processor 13
and the filter processor 50 (S26). Next, the selector 30 deter-
mines whether the enter button B3 is pressed. When it is not
confirmed that the enter button B3 is pressed down (No at
S27), the process flows back to S24.

When the selection button B2 is pressed at S24, the signal
processor 13 changes the frequency property of the test signal
by using the correction filter F4. Therefore, a sound in which
the resonance phenomenon is suppressed by the correction
filter F4 is generated from the earphone 120. The listener L.
determines his/her preference on the sound quality based on
the sound generated by the earphone 120. When the preferred
sound quality is determined, the enter button B3 is pressed.

Upon receipt of the press down operation of the enter
button B3 (Yes at S27) after the receipt of the selection of the
correction filter F4 at S24, the selector 30 deletes the Ul
displayed on the display module 31 (S28), and finishes the
process.

FIGS. 14 and 15 are graphs for explaining the aforemen-
tioned filter changing process. In FIGS. 14 and 15, the solid
line represents an ear property E of the listener [ wearing the
earphone 120. As illustrated in FIG. 14, when the correction
filter F4 is applied in the signal processor 13 as the configu-
ration of the sound quality correction, the resonance peak of
the ear property E cannot effectively be suppressed. Hence,
the listener [ hears the test signal influenced by the resonance
phenomenon. In this case, the listener L hears loud or annoy-
ing test sound. On the other hand, as illustrated in FIG. 15,
when the correction filter F1 capable of effectively suppress-
ing the resonance peak is applied at the signal processor 13,
the listener L hears the test sound in which the resonance
phenomenon is reduced. In this case, in comparison to the
case of FIG. 14, the listener L hears the test sound with
reduced loudness or the annoyance. Hence, it becomes
capable of selecting a correction filter based on the listener’s
feeling such as the loudness or the annoyance, thereby no
complicated determination such as the determination of
where to listen is required.

As described above, the listener L uses the Ul displayed on
the display module 31 by the aforementioned filter changing
process, and compares the sound qualities of the test signal to
which the signal processing by each of the correction filters is
performed, to change the configuration. Accordingly, the lis-
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tener L can select a correction filter based on instinctive
standard of whether the sound is loud or annoying, and the
determination of where to listen to becomes unnecessary.
Further, as illustrated in FIG. 15, it becomes capable of easily
selecting a correction filter capable of effectively suppressing
the resonance peak of the ear property E. Consequently, an
appropriate filter is to be applied to the filter processor 50, and
the listener L. can enjoy high definition sound quality by
listening to the acoustic signal to which the correction suit-
able for the ear property of the listener L. is performed,
through the earphone 120.

According to the embodiment, an acoustic signal corrector
and an acoustic signal correcting method capable of suppress-
ing the resonance phenomenon induced by sealing the ear
canal and capable of easily producing high quality sound can
be provided.

In the embodiment, each of the correction filters are pre-
liminarily stored as the correction configurations of the
acoustic signal (test signal), and the correction filters are used
to change the frequency property of the test signal. However,
the embodiment is not limited thereto, and for example, only
values (cutoff frequency, Q value, or the like) representing
characteristic of each of the correction filters, can be stored,
and the each of the correction filters can be generated based
on the values.

Further, in the embodiment, the amplitude value (reso-
nance peak) of the acoustic signal is suppressed (reduced) by
using the correction filters. However, the embodiment is not
limited thereto, and the other correction (for example,
increasing) can be performed. For example, components
other than the components of the frequencies within the fre-
quency band comprising the resonance peak can be increased
to perform correction so that the frequency components cor-
responding to the resonance peak does not stand out with
respect to the components of frequencies within other fre-
quency band.

Further, in the embodiment, the frequency band extractor
11 and the adder 12 are provided separately. However, the
embodiment is not limited thereto, and the frequency band
extractor 11 and the adder 12 can be realized by a single
processor. Further, the frequency band extractor 11, the adder
12, and the signal processor 13 can be realized by a single
processor. In this case, in comparison to the configuration
illustrated in FIG. 2, anumber of signal processing performed
on the acoustic signal (test signal) can be reduced, and the
circuit configuration can be simplified. As a result, the effect
of the aforementioned embodiment can be achieved by a
simpler configuration.

Further, in the embodiment, the acoustic signal generator
40 generates the test signal, and the frequency band extractor
11 and the adder 12 increases components of frequencies
within the frequency band within which the resonance is
possibly induced by sealing the ear canal. However, the
embodiment is not limited thereto. For example, as illustrated
in FIG. 16, an acoustic signal similar to the test signal output
from the adder 12 can preliminarily be stored in a storage
medium. Then, a test signal is generated based on the acoustic
signal stored in the storage medium, and the generated test
signal is heard by the listener L as the test sound.

FIG. 16 is a block diagram illustrating a configuration of an
acoustic processor 200, which is another embodiment of the
acoustic processor 100. As illustrated in FIG. 16, the acoustic
processor 200 comprises an acoustic reproducer 130 corre-
sponding to the acoustic reproducer 110 and the earphone
120. The acoustic reproducer 130 differs from the acoustic
reproducer 110 in terms of a configuration of a test signal
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generator 60, and comprises: a storage module 61 storing an
acoustic signal similar to a test signal output from the adder
12; and a signal processor 62.

When the acoustic signal stored in the storage module 61 is
read, the signal processor 62 perform process for changing
frequency property of the acoustic signal by using the correc-
tion filter corresponding to the selection signal from the selec-
tor 30. Then, the signal processor 62 outputs it to the converter
20 as the test signal.

In comparison to the configuration of FIG. 2, when the
configuration of the acoustic processor 200 is used, a number
of process performed on the acoustic signal (test signal) can
be decreased, and also the circuit configuration can be sim-
plified. Therefore, the effect similar to that of the aforemen-
tioned embodiment can be expected by the simpler configu-
ration.

Further, in the configuration of the acoustic processor 200,
the test signal to which the process by the each of the correc-
tion filters F1 to F4 is performed can be stored in the storage
module 61. In this case, the signal processor 62 reads the
acoustic signal to which the process using the correction filter
corresponding to the selection signal from the selector 30 is
performed from the storage module 61, and outputs it to the
converter 20 as the test signal. Consequently, the effect simi-
lar to the above can be obtained.

In the embodiment, the signal processor 13 and the filter
processor 50 are provided separately. However, the embodi-
ment is not limited thereto, and as illustrated in FIG. 17, a
filter processor 80 corresponding to the filter processor 50 can
be used to generate the test signal.

FIG.17 is a block diagram of a configuration of an acoustic
processor of still another embodiment of the acoustic proces-
sor 100. As illustrated in FIG. 17, an acoustic processor 300
comprises: an acoustic reproducer 140 corresponding to the
acoustic reproducer 110; and the earphone 120. The acoustic
reproducer 140 differs from the acoustic reproducer 110 in
terms of the configuration of a test signal generator 70, and in
the acoustic reproducer 140, the signal processor 13 is
removed from the test signal generator 10. Further, the filter
processor 80 corresponding to the filter processor 50 receives
the test signal from the adder 12, and the frequency property
is changed by using the correction filter corresponding to the
selection signal form the selector 30. Here, in the test signal
generator 70, the frequency band extractor 11 and the adder
12 can be replaced by the storage module 61 of FIG. 16.

In comparison to the case when the configuration of FIG. 2
is used, when the configuration of the acoustic processor 300
is used, the circuit configuration can be simplified, thereby an
effect similar to that of the aforementioned embodiment can
be obtained by simpler configuration.

The various modules of the systems described herein can
be implemented as software applications, hardware and/or
software modules, or components on one or more computers,
such as servers. While the various modules are illustrated
separately, they may share some or all of the same underlying
logic or code.

While certain embodiments have been described, these
embodiments have been presented by way of example only,
and are not intended to limit the scope of the inventions.
Indeed, the novel methods and systems described herein may
be embodied in a variety of other forms; furthermore, various
omissions, substitutions and changes in the form of the meth-
ods and systems described herein may be made without
departing from the spirit of the inventions. The accompanying
claims and their equivalents are intended to cover such forms
or modifications as would fall within the scope and spirit of
the inventions.
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What is claimed is:

1. An acoustic signal corrector, comprising:

an output module configured to output a plurality of acous-
tic signals, amplitude values within a frequency band of
each of the acoustic signals being emphasized as empha-
sized amplitude values, a plurality of amplitude values
among the emphasized amplitude values being cor-
rected as corrected amplitude values at corresponding
frequency positions, resonance being induced in the fre-
quency band by sealing an ear canal;

a selection receiver configured to receive a selection of one
of'the acoustic signals output by the output module; and

a holder configured to hold, as a configuration for sound
quality correction, a configuration corresponding to the
correction at the frequency positions of the one of the
acoustic signals.

2. The acoustic signal corrector of claim 1, wherein the

output module comprises:

an amplifier configured to extract frequency components
of each of the acoustic signals within the frequency
band, and add the frequency components to the each of
the acoustic signals within the frequency band; and

a signal processor configured to output the acoustic signals
each with the corrected amplitude values corrected at the
frequency positions within the frequency band pro-
cessed by the amplifier.

3. The acoustic signal corrector of claim 2, wherein the

amplifier comprises:

an extractor configured to extract the frequency compo-
nents of each of the acoustic signals within the frequency
band;

an adder configured to add the frequency components
extracted by the extractor to the each of the acoustic
signals within the frequency band.

4. The acoustic signal corrector of claim 1, wherein the

output module comprises:

afirst storage module configured to store each of the acous-
tic signals comprising the emphasized amplitude values;
and

a signal processor configured to output each of the acoustic
signals stored in the first storage module, the amplitude
values among the emphasized amplitude values of the
each of the acoustic signals stored in the first storage
module being corrected at the frequency positions as the
corrected amplitude values.

5. The acoustic signal corrector of claim 1, wherein the

output module comprises:

a storage module configured to store each of the acoustic
signals comprising the corrected amplitude values cor-
rected at the corresponding frequency positions; and

a signal output module configured to output the each ofthe
acoustic signals stored in the storage module.

6. The acoustic signal corrector of claim 1, wherein the
correction of each of the amplitude values at the frequency
positions reduces amplitude values within a band portion
with each of the frequency positions at a center thereof.

7. The acoustic signal corrector of claim 1, wherein

the selection receiver is configured to provide a selection
item for receiving the selection, the configuration for the
correction being assigned to the selection item, and

the output module is configured to output one of the acous-
tic signals in which the amplitude values among the
emphasized amplitude values are corrected at the fre-
quency positions corresponding to the configuration
assigned to the selection item received by the selection
receiver.

20

30

35

40

45

50

55

60

65

16

8. The acoustic signal corrector of claim 7, wherein the
selection receiver is configured to hierarchically divide the
configuration instructing to correct the amplitude values at
the frequency positions into groups based on a number of
selection items, and assign one configuration selected from a
same hierarchical group for each of the items to provide a user
interface receiving a selection of one configuration for an
upper hierarchical group to an lower hierarchical group.

9. An acoustic signal correcting method, comprising:

outputting, by an output module, a plurality of acoustic
signals, amplitude values within a frequency band of
each of the acoustic signals being emphasized as empha-
sized amplitude values, a plurality of amplitude values
among the emphasized amplitude values being cor-
rected as corrected amplitude values at corresponding
frequency positions, resonance being induced in the fre-
quency band by sealing an ear canal;

receiving, by a selection receiver, a selection of one of the
acoustic signals output by the output module; and

holding, by a holder, as a configuration for sound quality
correction, a configuration corresponding to the correc-
tion at the frequency positions of the one of the acoustic
signals.

10. An acoustic signal corrector, comprising:

an output module configured to process a plurality of
acoustic signals, amplitude values within a frequency
band of each of the plurality of acoustic signals being
emphasized as emphasized amplitude values, a plurality
of amplitude values among the emphasized amplitude
values being corrected as corrected amplitude values at
corresponding frequency positions;

a selection receiver configured to receive one of the plural-
ity of acoustic signals output by the output module;

a storage unit configured to store, as a configuration for
sound quality correction, a configuration corresponding
to the correction at the frequency positions of the one of
the plurality of acoustic signals; and

an earphone configured to be adapted to seal an ear canal of
a listener to induce resonance in the frequency band.

11. The acoustic signal corrector of claim 10, wherein the
output module comprises:

an amplifier configured to extract frequency components
of each of the plurality of acoustic signals within the
frequency band, and to add the frequency components to
the each of the plurality of acoustic signals within the
frequency band; and

a signal processor configured to output the plurality of
acoustic signals each with the corrected amplitude val-
ues corrected at the frequency positions within the fre-
quency band processed by the amplifier.

12. The acoustic signal corrector of claim 11, wherein the

amplifier comprises:

an extractor configured to extract the frequency compo-
nents of each of the plurality of acoustic signals within
the frequency band;

an adder configured to add the frequency components
extracted by the extractor to the each of the plurality of
acoustic signals within the frequency band.

13. The acoustic signal corrector of claim 10, wherein the

output module comprises:

a first storage module configured to store each of the plu-
rality of acoustic signals comprising the emphasized
amplitude values; and

a signal processor configured to output each of the plurality
of acoustic signals stored in the first storage module, the
amplitude values among the emphasized amplitude val-
ues of the each of the plurality of acoustic signals stored
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in the first storage module being corrected at the fre-
quency positions as the corrected amplitude values.
14. The acoustic signal corrector of claim 10, wherein the
output module comprises:

astorage module configured to store each of the plurality of 3

acoustic signals comprising the corrected amplitude val-
ues corrected at the corresponding frequency positions;
and

a signal output module configured to output the each ofthe

plurality of acoustic signals stored in the storage mod-
ule.

15. The acoustic signal corrector of claim 10, wherein the
correction of each of the amplitude values at the frequency
positions reduces amplitude values within a band portion
with each of the frequency positions at a center thereof.

16. The acoustic signal corrector of claim 10, wherein

the selection receiver is configured to provide a selection

item for receiving the selection, the configuration for the
correction being assigned to the selection item, and
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the output module is configured to output one of the plu-
rality of acoustic signals in which the amplitude values
among the emphasized amplitude values are corrected at
the frequency positions corresponding to the configura-
tion assigned to the selection item received by the selec-
tion receiver.

17. The acoustic signal corrector of claim 16, wherein the
selection receiver is configured to hierarchically divide the
configuration instructing to correct the amplitude values at
the frequency positions into groups based on a number of
selection items, and assign one configuration selected from a
same hierarchical group for each of the items to provide a user
interface receiving a selection of one configuration for an
upper hierarchical group to an lower hierarchical group.

18. The acoustic signal corrector of claim 10, wherein the
selection receiver includes a converter.

19. The acoustic signal corrector of claim 10, wherein the
output module is a test signal generator.
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